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[57] ABSTRACT 
An input digital signal with M(=5) samples/second is 
converted to an output signal with N(=6) samples/ 
second with n(=9) quantization bits. The device com 
prises parallel shift registers each having bit length 
P+n(P=ll) for accepting an input signal with bit 
length 11; an address converter for providing the contin 
uous P bits in input signals from each of said parallel 
shift registers for every shift operation of said shift 
registers; N groups of ROMs (read only memory) stor 
ing the predetermined value in each address which is 
designated by output of said address converter; a shift 
register adder for accumulating output of said ROMs 
with shift operation; and an output gate coupled with 
output of said shift register adder for providing a con 
verted output signal. 

2 Claims, 8 Drawing Figures 
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SAMPLING FREQUENCY CONVERSION DEVICE 

BACKGROUND OF THE INVENTION 

The present invention relates to a sampling frequency 
conversion circuit which converts an input digital sig 
nal series with the ?rst sampling frequency M (sam 
ples/period(T)) and n quantization bits, to an output 
digital signal series with N (samples/period(T)) and n’ 
quantization bits, where N is an interger different from 
the interger M. The present invention relates in particu 
lar to suc'h a circuit which converts with high conver 
sion speed, and requests small capacity of memory for 
conversion calculation. 

First, a prior conversion process is described. When 
an input signal series with M (samples/period(T)) is 
converted to an output signal series with N samples/ 
period(T), an intermediate signal series with L sam 
ples/period(T) is provided, where L is the common 
multiple of the integers M and N, and then, an output 
sampling signal is derived from said intermediate signal 
with L samples/period(T) for every predetermined 
duration. That process is described in detail in accor 
dance with FIG. 1, where it is supposed that an input 
signal frequency is 5 samples/period, and an output 
signal frequency is 6 samples/period, and each sample 
has n=9 quantization bits. 
FIG. 1(a) shows an input signal series which has 5 

samples (T,,_5 - - - T,,_1, T,,_4 - - - To, et al.) in a period 

(T), and FIG. 1(d) shows an output signal series which 
has 6 samples (W,,_(J - - - W,,_1, W,,_5 - - - W0, et al.) in 

said period (T). In order to obtain the output signal 
series of FIG. 1(d), the signal series of FIG. 1(b) which 
has the input signal series of FIG. 1(a) and ?ve 
((30/5)—l=5) samples with amplitude zero inserted 
between each input samples, is obtained. Then, the in 
termediate signal series of FIG. 1(b) is processed by a 
low-pass ?lter with the bandwidth arr/(number of in 
serted zeros, plus one)=1r/ 6 so that said zero samples in 
FIG. 1(b) are converted to interpolated samples be 
tween each input samples. The signal of FIG. 1(c) is the 
output of said process of interpolation. The signal series 
of FIG. 1(c) has 30 samples/period(T). The output sig 
nal series of FIG. 1(d) is obtained by extracting a pulse 
in FIG. 1(a) for every 5 (=30/ 6) pulses. Thus, the signal 
of FIG. 1(a') has 6 samples/period(T). 

Said interpolation process, or a low-pass ?ltering 
process is accomplished by using a ?nite impulse re 
sponse ?lter (FIR), or a transversal ?lter, which satis?es 
a linear phase condition. 
FIG. 2 is a block diagram of a conventional transver 

sal ?lter, in which the reference numeral 1 is an input 
terminal, 2 is an output terminal, 3 is a shift register with 
delay elements 31 through 361 each holding one sample 
value, 41 through 461 are multiplicators with multipliers 
h_30 through h3o, respectively, and 5 is an adder for 
providing the sum of the outputs of the multiplicators 
41 through 461. The transversal ?lter of FIG. 2 has 61 
taps, which may be, however, another value, since the 
number of taps is selected according to the desired 
accuracy or error of an output signal. When an input 
signal of FIG. 1(b) is applied to the input terminal 1 of 
FIG. 2, an output signal of FIG. 1(c) is obtained at the 
output terminal 2 of FIG. 2. 

In FIG. 2, the following equation (1) is satis?ed 
where xk is the value of each of the input samples, zk is 
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2 
the value of each of the output samples, and hm is a 
multiplier of each of the multiplicators. 

30 +2 (1) 0 hmMc-m 

As apparent from the equation (1), the calculation of 61 
multiplications and 60 additions is necessary for obtain 
ing each single output sample Wk. That amount of cal 
culation is extravagant, and therefore, the transversal 
?lter of FIG. 2 is not suitable in the ?eld which requests 
high speed interpolation calculation, like the ?eld of a 
picture information processing. - 

In order to solve the above problem, the following 
solution may be possible. It should be noted in FIG. 1 
that no calculation is necessary for an output sample 
which is not extracted, and for input sample with the 
value zero. For instance, the output sample W” in FIG. 
1(d) is obtained only with 11 input samples x- 5 through 
X5, and 11 multipliers (ho, hi6, hilz, him, hi24, and 
l'l_-|;30). The output sample W" is, in fact, the same as the 
input sample x”, and therefore, no calculation is neces 
sary for obtaining the output sample W”. However, for 
the sake of the simplicity of the explanation, the calcula 
tion for obtaining the output sample W" is supposed to 
be accomplished in the above explanation. FIG. 1(e) 
shows the necessary multipliers for obtaining the output 
samples W” through Wn+6, and the following table 1 
shows the same information. 

TABLE 1 
Coefficient hm Number 

Sub-?lter (value of m is shown) of taps 

l —30, —24, ~18, —l2, —6, 0, 6, 12,18, 24, 30 ll 
2 —29, —23, —17, —ll, —5, l, 7, l3, 19, 25, 1O 
3 —28, —22, —l6, ~10, —4, 2, 8, 14, 20, 26 10 
4 —27, —2l, —l5, —9, —3, 3, 9,15,2l, 27 10 
5 —26, ~20, —l4, -—8, —2, 4,10,16, 22, 28 10 
6 ~25, —l9, —l3, ——7, —l, 5, ll, 17,23, 29 10 

It should be appreciated in FIG. 1(e) and the table 1 
that the multiplier of the interpolation ?lter has the 
period of 6 samples. Due to the presence of the perio 
dicity, 6 (=L/M=30/5=Km) sub-?lters which have 
only 10 or 11 taps and are used recursively, may replace 
the interpolation ?lter of FIG. 2 which has 61 taps, for 
providing an output signal with N samples/period(T) 
from an input signal series with M samples/ period(T). 
FIG. 3 is another prior art which considers the, above 

analysis. In FIG. 3, the shift register 3 has ll taps, and 
the coef?cient or the tap coef?cient 61 through 611 of 
the multiplicators 61 through 6“ is variable. Each time 
a signal of FIG. 1(a) is applied to the input terminal 1, a 
set of coef?cients for the designated sub-?lter as shown 
in the table 1 are provided to the multiplicators 61 
through 611. And, said set of coef?cients of the multi 
plicators 61 through 611 are selected recursively for each 
input signal. Then, an output signal is provided at the 
output terminal 6. In case of FIG. 3, since the speed of 
the output signal series is the same as that of the input 
signal series, the output signal is temporarily stored in a 
memory, which is read out with the desired speed (6 
samples/period(T) in this case). 
However, the embodiment of FIG. 3 still has the 

disadvantage that the operating speed is not fast 
enough, since the amount of calculation is 11 multiplica 
tions and 10 additions. 
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In order to solve the above problems a ROM which 
stores the result of the calculation has been used. The 
?lter process in a sub-?lter which is composed accord 
ing to FIG. 1 and the table 1 is similar to the equation 
(1), and is shown below. 

Said equation (2) is changed to the equation (4) when a 
sampled value xk is a binary value as shown in the equa 
tion (3); 

—l - 3 
xk = "2 ask)” (4") = 0 or 1 ( ) 

Q I: 

"-1 11 (4) 

Accordingly, the ROM stores the value 

11 

m l I 

at the address (Mk-"1); léméll), and the output of 
said ROM is applied to the shift register which performs 
the multiplication with 2i and the addition. Said addition 
is performed (n— 1) times, that is to say, when n=9 that 
addition is performed 8 times. 
By the way, the necessary capacity of that ROM 

(read only memory) is shown by the equation (5); 

2(number of laps of a sub-?ller)>< CX ” (5) 

where C is a number of bits for expressing the coeffici 
ents of a ?lter. When C=9, the capacity of a ROM is 

' (211x 9 X 9) bits for each sub-?lter. Since 6 sub-?lters 
' are used, the total capacity of the ROM is about 220 bits. 
And, the number of the necessary process is (n— l)=8 

= times, in which each process includes the reading out 
I‘ 'the ROM and the addition. Said number (=8) may be 
reduced to n=4, if a parallel calculation is accom 
plished. If we desire to perform the high speed calcula 
tion, a simultaneous calculation which performs the 
calculation for a plurality of bit planes simultaneously 
must be performed. For instance, when the number of 
taps is 11, n=9 and C=9, then, the number of the neces 
sary addresses of the ROM is 299 which relates to the 
total number of bits (=99(l1 X9)), and the number of 
the total bits of the ROM is even 9x299. 

It should be appreciated that said number 9x299 is 
extravagant. Therefore, an improved calculation which 
is high in speed, and uses less capacity of memory has 
been desired. 

SUMMARY OF THE INVENTION 

It is an object, therefore, of the present invention to 
overcome the disadvantages and limitations of a prior 
sampling frequency conversion circuit by providing a 
new and improved sampling frequency conversion cir 
cu1t. 

It is also an object of the present invention to provide 
a sampling frequency conversion circuit which is high 
in operational speed, and uses less memory capacity of 
a ROM. 
The above and other objects are attained by a sam 

pling frequency conversion circuit for converting an 
input digital signal with a sampling frequency (M sam 
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4 
ples/second) and each sample having n quantization 
bits, to an output digital signal with sampling frequency 
(N samples/second) and each sample having 11 quantiza 
tion bits, where M and N are prime numbers, compris 
ing (a) parallel shift registers each having bit length 
P+n, where P is an odd number equal to or larger than 
M, for accepting an input signal which has n bits, ac 
cording to a timing of an input signal; (b) an address 
converter for providing P bits of output signal for each 
of said parallel shift registers for every shift operation of 
said shift registers; (c) N groups of ROMs storing ' 

P 
2 1 “gt-"1w... (1 a1": N) 

m: 

at an address designated by the output of said address 
converter, each group of said ROMs having [n/N]+l 
number of ROMs, where hm is a coef?cient of a ?lter, a, 
is a possible combination of addresses provided by P 
bits, and [] is a Gauss’s symbol; (d) a shift register adder 
with the bit length 2n for providing an accumulation of 
the output of said ROMs with shift operation; and (e) an 
output gate coupled with an output of said shift register 
adder for providing a converted output digital signal. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The foregoing and other objects, features, and atten 
dant advantages of the present invention will be appre 
ciated as the same become better understood by means 
of the following description and accompanying draw 
ings wherein; 
FIGS. 1A-1C are explanatory drawings for showing 

the theoretical principle of the sampling frequency con 
version, 
FIG. 2 shows a conventional transversal ?lter for the 

use of the sampling frequency conversion circuit, 
FIG. 3 is another con?guration of a transversal ?lter 

for the use of the sampling frequency conversion cir 
cuit, 
FIG. 4 shows the structure of the present sampling 

frequency conversion circuit, 
FIG. 5 shows the operation of the address converter 

according to the present invention, and 
FIG. 6 is the drawing showing the connection be 

tween the bit planes and the sub-?lter ROMs according 
to the present invention. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENT a‘ 

It is assumed in the following description that the 
input signal has the sampling frequency M=5 and each 
sample has n=9 bits, and the output signal has the sam 
pling frequency N=6 and each sample has n=9 bits. 
Also, it is assumed that the transversal ?lter has 61 taps 
by 6 sub-?lters, and each coef?cient of the ?lter has 9 
bits of information. Said assumption is taken merely for 
the sake of the simple understanding of the explanation. 
FIG. 4 shows the structure of the sampling frequency 

conversion circuit according to the present invention. 
The device of FIG. 4 has the following ?ve compo 
nents. 

(l) A shift register 7 with n(=9) parallel bits for ac 
cepting an input signal xk; 

(2) An address converter group 8 for converting the 
bit plane information of an input signal to the address of 
a ROM (read only memory); 
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(3) A sub-?lter memory bank group 9; 
(4) A combination 10 of an adder and a shift register; 

and 

(5) An output gets 11, and a buffer memory 20. Said 
sub-?lter bank 9 and the adder/shift register 10 are 
doubled as shown in the drawing. 
According to the embodiment of FIG. 4, the relation 

ship between an input signal and a sub-?lter is the same 
as that of the table 1, but the sub-?lter of the present 
embodiment uses the bit plane process shown in the 
equation (4), instead of the process for every sample of 
a prior art. Thus, the operational speed is considerably 
improved as a sub-?lter is accessed ef?ciently. Accord 
ing to the present embodiment, an output sample is 
obtained for each input timing. 

In FIG. 4 and the equation (4), the value 

is provided by sub-?lter ROM’s 9, then, the shift regis 
ter adder 10 provides the multiplication and the addi 
tion 

to the output of the sub-?lter ROM’s 9. Further, it 
should be noted that a,‘ —"')=0 or 1. 
When each sample has n=9 bits, there exists 9 bit 

planes. Those bit planes are designated as LSB (least 
signi?cant bit) plane through an MSB (most signi?cant 
bit) plane. When one of those bit planes is applied to a 
sub-?lter one after another starting from an LSB plane, 
an addition is performed for the outputs of the sub-?l 
ters and thus an output sample is calculated in 9 input 
timings. Further, a single sub-?lter is enough for the 
calculation of each bit plane, other sub-?lters may be 
used for the calculation of other bit planes. Therefore, a 
parallel calculation can be accomplished. Further, the 
sub-?lters 1 and 2 may operate with the same input 
signal, and therefore, those sub-?lters may operate in 
parallel. Other sub-?lters 3 through 6 operate when a 
new input sample is applied to the same. 

In considering the above analysis, the present em 
bodiment has the following structure. 

First, a parallel shift register is logically divided as 
shown in FIG. 5, in which an input signal is applied to 
the shift register 7 from left side, and the content of the 
shift register 7 is shifted to the right side by one bit for 
every input timing. In FIG. 5, each cell shows a single 
bit, a capital numeral shows the X-coordinate, and the 
suf?x shows the Y-coordinate which shows the se 
quence of the bit counting from the LSB bit. 
Assuming that 19 samples from x,,_5 to x,,+ 13 in FIG. 

1 are applied to the present device, the ?rst bit plane 
(LSB) with 11 samples (x,,+5,,,xn_5) are stored in the 
cells 11 through 111 in FIG. 5, and the second bit plane 
(x,,+5,,,x,,_4) are stored in the cells 22 through 122. 
Similarly, the nine’th bit plane (MSB) with 11 bits 
(x,,+3,,,xn+13) are stored in the cells 99 through 199. 
Accordingly, the sub-?lters 1 and 2 can operate with 
the content of the ?rst bit plane (11 through 111), and 
the sub-?lter 3 can operate with the content of the sec 
ond bit plane. Accordingly, the shaded area in FIG. 5 is 
not used, and only the portions (11,,,111), 
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6 
(22,,,122),,,(99,,,199) are used for designating the address 
of a ROM ?lter. 
When an additional sample is applied to the device, 

all the samples in the device are shifted by one bit posi 
tion in right direction, then, the second bit plane of 
(x,,+5,,,x,,_5) is obtained at the cells 22 through 122. 
Therefore, the sub-?lter 1 processes the second bit plane 
of (x,,+5 through x,,_ 5) with the address information 
provided by the cells (22 through 121). Other processes 
are carried out similarly. 
The access of the sub-?lters is shown in the table 2, in 

which the symbol H and H’ show sub-?lters, and the 
connections of sub-?lters or an operational mode of a 
sub-?lter have 10 modes from (O) to (9). Further, it 
should be noted that sub-?lters are doubled, and the 
reason of the double sub-?lters is described later. 
The process of each sample is completed during the 

one cycle of modes. 

The address converter 8 couples each of the ?rst bit 
plane to the nine’th bit planes to the desired sub-?lter 
ROM according to the access table of the table 2. 
Now, the con?guration of a sub-?lter is described. 

Since each sub-?lter is addressed by bit planes with 11 
bits, a sub-?lter has 211 number of addresses, and the 
content of a ROM is as follows; 

1:11 ask-Wm 
m = 

Sajd content is the same as the equation (4), and prefera 
bly, each content of the ROM has 9 bits. Accordingly, 
the capacity of a ROM of each sub-?lter is 9 X211 bits. 

It should be noted that two sub-?lters are requested in 
each operational mode as apparent from the table 2, 
therefore, two sub-?lters are provided for each mode. 
Further, it should be noted that some pair of sub-?lters, 
like H1 and H2, which provide an output according to 
the same inputs as each other, are coupled so that those 
sub-?lters are always accessed in parallel. 
The reason why each sub-?lter has two sub-?lter 

ROMs is as follows. As described above, a conversion 
process in each sub-?lter is carried out for each bit plane 
of a signal. Accordingly, a time delay relating to n input 
signal occurs between an input signal and an output 
signal, where n is the number of quantization bits. When 
n=9, the conversion process for an input signal will be 
completed after all the nine bits are applied to the de 
vice. During the conversion process, the same sub-?lter 
ROM is of course accessed. When the number of the 
sub-?lters is less than n, each sub-?lter is accessed more 
than twice due to the cyclic use of the sub-?lters. The 
number of the access of a sub-?lter in each conversion 
process is; 
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where n is a number of quantization bits of an input 
signal and an output signal, N is a number of sub-?lters, 
and the symbol [ ] is the Gauss’ symbol showing the 
maximum integer not larger than the argument. 

Accordingly, ([n/N]+ 1) number of sub-?lters must 
be installed. When the number of quantization bits is 
n=9, and the number of sub-?lters is N=6, the neces 
sary number of sub-?lter ROMs for each sub-?lter is 2. 
FIG. 6 shows the arrangement of sub-?lter ROMs 

and the wiring connection for the mode (0) in the table 
1. In FIG. 6, the numeral 12 is a bit plane obtained from 
the parallel-serial shift register 7, and 13 shows a sub-?l 
ter ROM. 
The output of the sub-?lter ROM accessed by the 

address from the bit plane is accumulated in the adder 
10 which is provided for each sub-?lter ROM. For 
instance, the shift register adder 1 in the adder group 10 
receives the outputs of the sub-?lter ROMs 1, which 
provides the result of the ?rst bit plane (LSB) in the ?rst 
mode (1), and the result of the second bit plane in the 
second mode (2). Then, said shift register adder 1 in the 
group 10 accumulates the outputs of the sub-?lter 
ROMs with the one bit shift of the content of the shift 
register adder 1. Said one bit shift provides the multipli 
cation by 2" (i=1 through 9) which appears in the equa 
tion (4). The completion of each sample is determined 
according to the table 2, and when the process is com 
pleted, the output gate 11 is opened to provide the result 
to an external circuit. Although it takes delay time of 9 
input signals for processing each sample, the process in 
each sample completes in each change of the mode. 
Therefore, an output of the sample is obtained for every 
input sample. That is to say, an output sample is ob 
tained for each access of a sub-?lter and an addition 
(with one bit shift operation). 

It should be noted that the output of the output gate 
11 provides merely the value of each sample value, but 
that output gate 11 does not provide the desired speed 
or repetition of the output pulses. Therefore, the output 
of the gate 11 is stored in the buffer memory 20 which 
also receives a clock pulse 22 with the desired output 
pulse speed. The buffer memory 20 provides the con 
verted output pulse train as shown in FIG. 1(d). 
The sequence for reading out the buffer memory 20 is 

shown in the table 2 and FIG. 6. Assuming that the 
output of the sub-?lter H4 is read out, then, the sequence 
of the sub-?lters to be read out of the buffer memory 20 
is H4, H5, H6, Hi1’, H3’, H4’, H5’, H6’, Hm, H3 (866 bit 
plane #9 in the table 2 and/or FIG. 6). 

Thus, the desired sampling frequency is obtained. 
The capacity of the parallel shift register 7 in the 

present embodiment is 9 X 19 bits as apparent from FIG. 
5, and that capacity of the parallel shift register 7 in 
general is (L><n+n2) bits, where L is the number of 
taps of a sub-?lter, and n is a number of quantization 
vbits. 
The total capacity of the sub-?lter ROM group 9 in 

the present embodiment is 211><9>< 12:218 
The table 3 shows the comparison of the present 

invention with other systems, in which an input signal 
with 5 samples/period is converted to an output signal 
with 6 samples/period (conversion ration is 6/5), the 
number of taps of an FIR ?lter is 61, and the number of 
bits of each input signal, each output signal, and ?lter 
coef?cient is 9. In the table 3, the systems 1 through 4 
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8 
for comparison have the following features, respec 
tively. 

System (1) All the calculations are carried out as is, 
without simplifying the calculation. 

System (2) All the calculation results are stored in the 
memories. The necessary addresses of said memories for 
the total number of the input bits (=99: l l X 9) are 299. 
System (3) All the calculations are carried out for 

every sample through a bit plane process. The neces 
sary number of memories is 54 each having 211 ad 
dresses, for the addresses of an input signal with 11 data 
bits. 

System (4) Present invention. The 12 number of 2“, 
addresses are necessary for the 11 input data bits. There 
fore, the total bits as requested are 211>< l2><9=2l8. 

TABLE 3 
Number of Number of 

System Memory Capacity Multiplications Additions 

1 0 ll(9bits X 9bits) 10(9bits + 9bits) 
O 2 9 X 299 bits 0 

3 220 bits 0 49mm) + 9bits) 
(Parallel process) 

4 218 bits 0 l(9bits + 9bits) 

Finally, some effects of the present invention are 
'listed below. 

(I) The high speed calculation is accomplished since 
the multiplication in each tap coef?cient is acccom= 
plished by a ROM. 

(2) The capacity of a ROM may be reduced by omit 
ting the calculation for an interpolated signal with the 
amplitude 0 interpolated between input signals. 

(3) The process time is shortened since all the ROM 
provided for each bit of the input signal operate simulta 
neously. 

(4) The reduction of the capacity of a ROM and the 
high speed calculation are accomplished by using a shift 
register adder which addes the outputs of the ROM 
with an single addition. 
From the foregoing, it will now be apparent that a 

new and improved sampling frequency conversion de 
vice has been found. It should be understood of course 
that the embodiments disclosed are merely illustrative 
and are not intended to limit the scope of the invention. 
Reference should be made to the appended claims, 
therefore, rather than the speci?cation as indicating the 
scope of the invention. 
What is claimed is: 
1. A sampling frequency conversion device for con 

verting an input digital signal with a sampling fre 
quency (M samples/second) and each sample having 11 
quantization bits, to an output digital signal with sam 
pling frequency (N samples/second) and each sample 
having 11 quantization bits, where M and N are prime 
numbers, comprising; 

(a) parallel shift registers each having bit length P+ n, 
where P is an odd number equal to or larger than 
M, for accepting an input signal which has n bits, 
according to a timing of an input signal; 

(b) an address converter for providing P bits of out~ 
put signal for each of said parallel shift registers for 
every shift operation of said shift registers; 

(c) N groups of ROMs storing 

N) 
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at an address designated by the output of said address 

converter, each group of said ROMs having [n/N]+l 

number of ROMs, where K is an integer designating a 

sampling point, m is an integer designating a ?lter coef 

?cient, hm is a coef?cient of a ?lter, a,-is a possible com 

bination of addresses provided by P bits, and [ ] is a 

Gauss’ symbol; 
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(d) a shift register adder with the bit length 2n for 

providing an accumulation of the output of said 
ROMs with shift operation; and 

(e) an output gate coupled with an output of said shift 
register adder for providing a converted output 
signal; 

(f) a buffer memory for storing output of said output 
gate and providing converted sampled pulses with 
desired repetition frequency' 

2. A sampling frequency conversion device accord 
ing to claim 1, wherein M=5, N=6, and n=9. 

* * * * * 


